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Description
TECHNOLOGICAL FIELD

[0001] Embodiments of the present invention relate generally to audio processing technology and, more particularly,
relate to a method, apparatus, and computer program product for providing improved audio coding.

BACKGROUND

[0002] The modem communications era has brought about a tremendous expansion of wireline and wireless networks.
Computer networks, television networks, and telephony networks are experiencing an unprecedented technological
expansion, fueled by consumer demand. Wireless and mobile networking technologies have addressed related consumer
demands, while providing more flexibility and immediacy of information transfer.

[0003] Current and future networking technologies continue to facilitate ease of information transfer and convenience
to users. One area in which there is a demand to increase ease of information transfer relates to provision of devices
capable of delivering a quality audio representation of audible content or audible communications. Multi-channel audio
coding, which involves the coding of two or more audio channels together, is one example of a mechanism aimed at
improving device capabilities with respect to providing quality audio signals. In particular, since in many usage scenarios
the channels of the input signal may have relatively similar content, joint coding of channels may enable relatively efficient
coding and with a lower bit-rate than that which may otherwise be utilized for coding each channel separately.

[0004] A recent multi-channel coding method is known as parametric stereo - or parametric multi-channel - coding.
Parametric multi-channel coding generally computes one or more mono signals - often referred to as down-mix signals
- as a linear combination of set of input signals. Each of the mono signals may be coded using a conventional mono
audio coder. In addition to creating and coding the mono signals, the parametric multi-channel audio coder may extract
a parametric representation of the channels of the input signal. Parameters may comprise information on level, phase,
time, coherence differences, or the like, between input channels. At the decoder side, the parametric information may
be utilized to create a multi-channel output signal from the received decoded mono signals. A parametric multi-channel
coder and decoder is for example disclosed in 2008/0031463 A1.

[0005] Parametric multi-channel coding methods, which represent one example of a multi-channel coding method,
such as Binaural Cue Coding (BCC) enable high-quality stereo or multi-channel reproduction with a reasonable bit-rate.
The compression of a spatial image is based on generating and transmitting one or several down-mixed signals derived
from a set of input signals, together with a set of spatial cues. Consequently, the decoder may use the received down-
mixed signal(s) and spatial cues for synthesizing a set of channels, which is not necessarily the same number of channels
as in the input signal, with spatial properties as described by the received spatial cues.

[0006] The spatial cues typically comprise Inter-Channel Level Difference (ICLD), Inter-Channel Time Difference
(ICTD) and Inter-Channel Coherence/Correlation (ICC). ICLD and ICTD typically describe the signal(s) from the actual
audio source(s), whereas the ICC is typically directed to enhancing the spatial sensation by introducing the diffuse
component of the audio image, such as reverberations, ambience, etc. Spatial cues are typically provided for each
frequency band separately. Furthermore, the spatial cues can be computed or provided between an arbitrary channel
pair, e.g. between a chosen reference channel and each "subchannel".

[0007] Binauralsignals are a special case of stereo signals that represent three dimensional audio image. Such signals
model the time difference between the channels and the "head shadow effect", which may be accomplished, e.g., via
reduction of volume in certain frequency bands. In some cases, binaural audio signals can be created either by using
a dummy head or other similar arrangement for recording the audio signal, or they can be created from prerecorded
audio signals by using special filtering implementing a head-related transfer function (HRTF) aiming to model the "head
shadow effect" for providing suitably modified signals to both ears.

[0008] Since the correct representation of the time and amplitude differences between the channels of the encoded
audio signal is an important factor on the resulting perceived audio quality in multi-channel audio coding in general and
in binaural coding in particular, it may be desirable to introduce a mechanism paying special attention to these aspects.

BRIEF SUMMARY

[0009] A method, apparatus and computer program product are therefore provided for providing an improved audio
coding mechanism. According to example embodiments of the present invention, multiple channels may be efficiently
combined into one channel via a time alignment of the channel signals. Thus, for example, the time difference between
channels may be removed at the encoder side and restored at the decoder side. Moreover, embodiments of the present
invention may enable time alignment that can be tracked over different times and different frequency locations due to
the fact that input signals may have different time alignments over different times and frequency locations and/or several
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source signals occupying the same time-frequency location.

[0010] Inone example embodiment, a method of providing improved audio coding is provided. The method may include
dividing respective signals of each channel of a multi-channel audio input signal into one or more spectral bands corre-
sponding to respective analysis frames, selecting a leading channel from among channels of the multi-channel audio
input signal for at least one spectral band, wherein selecting the leading channel comprises selecting the leading channel
based on which channel an occurrence of an eventis detected first, determining a time shift value for at least one spectral
band of at least one channel, and time aligning the channels based at least in part on the time shift value.

[0011] In another example embodiment, a computer program product for providing improved audio coding is provided.
The computer program product includes at least one computer-readable storage medium having computer-executable
program code portions stored therein. The computer-executable program code portions include first, second, third and
fourth program code portions. The first program code portion is for dividing respective signals of each channel of a multi-
channel audio input signal into one or more spectral bands corresponding to respective analysis frames. The second
program code portion is for selecting a leading channel from among channels of the multi-channel audio input signal for
at least one spectral band wherein selecting the leading channel comprises selecting the leading channel based on
which channel an occurrence of an event is detected first. The third program code portion is for determining a time shift
value for at least one spectral band of at least one channel. The fourth program code portion is for time aligning the
channels based at least in part on the time shift value.

[0012] In another example embodiment, an apparatus for providing improved audio coding is provided. The apparatus
may include a processor. The processor is configured to divide respective signals of each channel of a multi-channel
audio input signal into one or more spectral bands corresponding to respective analysis frames, select a leading channel
from among channels of the multi-channel audio input signal for at least one spectral band, wherein selecting the leading
channel comprises selecting the leading channel based on which channel an occurrence of an event is detected first,
determine a time shift value for at least one spectral band of at least one channel, and time align the channels based at
least in part on the time shift value.

[0013] Embodiments of the invention may provide a method, apparatus and computer program product for employment
in audio coding/decoding applications. As a result, for example, mobile terminals and other electronic devices may
benefit from improved quality with respect to audio encoding and decoding operations.

BRIEF DESCRIPTION OF THE DRAWINGS

[0014] Having thus described embodiments of the invention in general terms, reference will now be made to the
accompanying drawings, which are not necessarily drawn to scale, and wherein:

FIG. 1 illustrates a block diagram of a system for providing audio processing according to an example embodiment
of the present invention;

FIG. 2 illustrates an example analysis window according to an example embodiment of the present invention;
FIG. 3 illustrates a block diagram of an alternative system for providing audio processing according to an example
embodiment of the present invention;

FIG. 4illustrates a block diagram of an apparatus for providing audio processing according to an example embodiment
of the present invention;

FIG. 5 is a flowchart according to an example method for providing audio encoding according to an example em-
bodiment of the present invention; and

FIG. 6 is a flowchart according to an example method for providing audio decoding according to an example.

DETAILED DESCRIPTION

[0015] Embodiments of the present invention will now be described more fully hereinafter with reference to the ac-
companying drawings, in which some, but not all embodiments of the invention are shown. Indeed, the invention may
be embodied in many different forms and should not be construed as limited to the embodiments set forth herein; rather,
these embodiments are provided so that this disclosure will satisfy applicable legal requirements. Like reference numerals
refer to like elements throughout.

[0016] The channels of a multi-channel audio signal representing the same audio source typically introduce similarities
to each other. In many cases the channel signals differ mainly in amplitude and phase. This may be especially pronounced
for binaural signals, where the phase difference is one of the important aspects contributing to the perceived spatial
audioimage. The phase difference may, in practice, be represented as the time difference between the signals in different
channels. The time difference may be different across frequency bands, and the time difference may change from one
time instant to another.

[0017] In a typical multi-channel coding method in which the mono - i.e. down-mix - signals are created as a linear
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combination of the channels of the input signal, the mono signals may become a combination of signals, which may
have essentially similar content but may have a time difference in relation to each other. From this kind of combined
signal it may not be possible to generate the channels of an output signal having perceptually equal properties with
respect to the input signal. Thus, it may be beneficial to pay special attention to the handling of phase - or time difference
- information to enable high-quality reproduction, especially in case of binaural signals.

[0018] FIG. 1 illustrates a block diagram of a system for providing audio processing according to an example embod-
iment of the present invention. In this regard, FIG. 1 and its corresponding description represent an extension of existing
stereo coding methods for coding binaural signals and other stereo or multi-channel signals where time differences may
existbetweeninput channels. By time difference we mean the temporal difference - expressed for example as milliseconds
or as number of signal samples - between the occurrences of the corresponding audio event on channels of the multi-
channel signal. As shown in FIG. 1, an example embodiment of the present invention may estimate the time difference
and apply appropriate time shift to some of the channels to remove the time difference between the input channels prior
to initiating stereo coding. At the decoding side, the time difference between the input channels may be returned by
compensating the time shift possibly applied in the encoder side so that the output of the stereo decoder introduces the
time difference originally included in the input signal in the encoder side. Although the example embodiment presented
herein is illustrated using two input and output channels and stereo encoder and stereo decoder, the description is
equally valid for any multi-channel signal consisting of two or more channels and employing multi-channel encoder and
multi-channel decoder.

[0019] Referring now to FIG. 1, a system for providing audio processing comprises a delay removal device 10, a stereo
encoder 12, a stereo decoder 14 and a delay restoration device 16. Each of the delay removal device 10, the stereo
encoder 12, the stereo decoder 14 and the delay restoration device 16 may be any means or device embodied in
hardware, software or a combination of hardware and software for performing the corresponding functions of the delay
removal device 10, the stereo encoder 12, the stereo decoder 14 and the delay restoration device 16, respectively.
[0020] In an example embodiment, the delay removal device 10 is configured to estimate a time difference between
input channels and to time-align the input signal by applying time shift to some of the input channels, if needed. In this
regard, for example, if an input signal 18 comprises two channels such as a left channel L and a right channel R, the
delay removal device 10 is configured to remove any time difference between corresponding signal portions of the left
channel L and the right channel R. The corresponding signal portions may be offsetin time, for example, due to a distance
between microphones capturing a particular sound event (e.g., a beginning of sound is heard at a location of the closer
microphone to the sound source a few milliseconds before the beginning of the same sound is heard at the location of
the more distant microphone). Many alternative methods may be employed for removing and restoring the time difference,
some of which are described herein by way of example and not of limitation. In an example embodiment, processing of
the input signal 18 is carried out using overlapping blocks or frames. However, in alternative examples, non-overlapping
blocks may be utilized, as described in greater detail below.

[0021] In an example embodiment, the delay removal device 10 may comprise or be embodied as a filter bank. In
some cases, the filter bank may be non-uniform such that certain frequency bands are narrower than others. For example,
at low frequencies the bands of the filter bank may be narrow and at high frequencies the bands of the filter bank may
be wide. An example of such a division to frequency bands is the division to so called critical bands, which model the
properties of the human auditory system introducing decreasing subjective frequency resolution with increasing frequen-
cy. The filter bank divides each channel of the input signal 18 (e.g., the left channel L and the right channel R) into a
particular number of frequency bands B. The bands of the left channel L are described as L, L, Ls,...,Lg. Similarly, the
bands of the right channel R are described as Ry, Ry, R5,...,Rg. Inan example embodiment having the number of frequency
bands B equal to 1, a filter bank may or may not be employed.

[0022] In an example embodiment, the channels are divided into blocks or frames either before or after the filter bank.
The signal may or may not be windowed in the division process. Furthermore, in case windowing is used, the windows
may or may not overlap in time. Note also that as special case a window of all ones with a length matching the frame
length introduces a case similar to one without windowing and without overlap. As indicated above, in one example
embodiment, the blocks or frames overlap in time. Windowed blocks of the left channel L, window i, and band b may be
defined as L, (iN + k), k = 0,...,1. In this regard, variable N represents the effective length of the block. In other words
here the variable N indicates how many samples the starting point of a current block differs from the starting point of a
previous block. The length of the window is indicated by the variable /.

[0023] In an example embodiment, the analysis windows are selected to overlap. As such, for example, a window of
the following form may be selected:
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l+k

win _tmp sin(21t2 —£)+1 2,k=0,...,wil -1
_ wel 2 : :

0 , k=0,..,zl
win _tmp(k —(zI +1)) , k=zl+1,..,z1 +wil
o (F) = 1 o, k=zl+wi,..,wl/2
win(k) =1 1 . w241, w240l
win,_tmp_(wl——zl—l—(k—(wl/-2'+’ol-l_-l))) , k=wl/2+ol+'1,...,wl—zl—1
o : , k=wl-zl,..,wl -1

where wil is the length of the sinusoidal part of the window, z/ is the length of leading zeros in the window and ol is half
of the length of ones in the middle of the window. In an example window shown above, the following equalities hold:

length(win)
2

zl+wtl +ol =

zl = ol

[0024] The overlapping part of the window may be anything that sums up to 1 with the overlapping part of the windows
of the adjacent frames. An example of a usable window shape is provided in FIG. 2.

[0025] According to an example embodiment, the delay removal device 10 is further configured to select one of the
channels of the input signal 18 (e.g., the left channel L or the right channel R) as a leading or lead channel for every
band separately. Thus, in an example embodiment one of the respective bands of the left channel L including L4, Ly,
Ls,...,.Lg. and one of the respective frequency bands of the right channel R including Ry, R,, R3 ,...,Rp is selected for
each band as the leading channel. In other words, for example, L, is compared to R, and one of the two channels is
selected as the leading channel for the particular respective band. Selection of a leading channel may be based on
several different criteria and may vary on a frame by frame basis. For example, some criteria may include selection of
the psychoacoustically most relevant channel, e.g., the loudest channel, channel introducing the highest energy, channel
in which an eventis detected first, or the like. However, in some example embodiments, a fixed channel may be selected
as the leading channel. In other example embodiment the leading channel may be selected only for parts of the frequency
bands. For example, the leading channel may be selected only for the selected number of the lowest frequency bands.
In an alternative example embodiment, any arbitrary set of frequency bands may be selected for leading channel analysis
and time alignment.

[0026] According to an example embodiment, a time difference dj(i) between similar portions on channels of the input
signal for frequency band b in block i is computed. The computation may be based on, for example, fmding the time
difference that maximizes the cross-correlation between the signals of the respective frequency bands on different
channels. The computation can be performed either in time domain or in frequency domain. Alternative example em-
bodiments may employ other similarity measures. Alternative methods include, for example, finding the time difference
by comparing the phases of the most significant signal components between the channels in frequency domain, finding
the maximum and/or minimum signal components in each of the channels and estimating the time difference between
the corresponding components in each of the channels in time domain, evaluating the correlation of zero-crossing
locations on each of the channels, etc.

[0027] Based on the time difference value and the leading channel selection, time shifts for each of the channels are
determined on a frame by frame basis. Thus, for example, the time shift for frequency band b in frame i may be obtained
as shown in the pseudo code below.

[0028] If L, is the leading channel in current block i and frequency band b:
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LGN + k)= L,(iN +k)

RIGN +k) =R, N +k+d,(i))
otherwise (e.g., if Ry is the leading channel)

LI(GN +k)=L,(iN +k+d, (i)

R/ (iN +k)=R, (iN +k)

,where k=0,...,I.

[0029] According to this example embodiment, the leading channel is not modified whereas a time shift equal to d(i)
is applied to the other channels. In other words, in this example embodiment, for a given frequency band in a given
frame, the leading channel is not shifted in time and a time shift is defined for the non-leading channels relative to the
leading channel.

[0030] As such, embodiments of the present invention may utilize the delay removal device 10 to divide the multi-
channel input signal 18 into one or more frequency bands on respective different channels and select one of the channels
as the leading channel on each of the respective bands. A time difference of a portion of a non-leading channel that is
most similar to a corresponding portion of the leading channel may then be defined. Based on the defined time difference
a time shift operation is applied to time-align the input channels, and the information on the applied time shift may be
communicated to the delay restoration device 16, e.g., as time alignment information 28. The time alignment information
28 may comprise the time shifts applied to the frequency bands of the non-leading channels of current frame by the
delay removal device 10. In some embodiments the time alignment information 28 may further comprise the indication
on the leading channel for frequency bands of the current frame. In some embodiments, also the leading channel may
be time shifted. In such a case the time alignment information 28 may also comprise time shift applied to the leading
channel. In some embodiments, an allowed range of time shifts may be limited. One example of the aspects possibly
limiting the range of allowed time shifts may be the length of the overlapping part of the analysis window.

[0031] In an example embodiment, an output signal 20 provided by the delay removal device 10 comprises signals
L9 and RY, which may be obtained by combining the time aligned frequency band signals for a current block and then
joining successive blocks together based on an overlap-add. Signals L9 and R? are fed to the stereo encoder 12, which
performs stereo encoding. In an example embodiment, the stereo encoder 12 may be any stereo encoder known in the art.
[0032] After stereo encoding signals L9 and RY, a bit stream 22 is generated. The bit stream 22 may be stored for
future communication to a device for decoding or may immediately be communicated to a device for decoding or for
storage for future decoding. Thus, for example, the bit stream 22 may be stored as an audio file in a fixed or removable
memory device, stored on a compact disc or other storage medium, buffered, or otherwise saved or stored for future
use. The bit stream 22 may then, at some future time, be read by a device including a stereo decoder and converted to
a decoded version of the input signal 18 as described below. Alternatively, the bit stream 22 may be communicated to
the stereo decoder 14 via a network or other communication medium. In this regard, for example, the bit stream 22 may
be transmitted wirelessly or via a wired communication interface from a device including the stereo encoder 12 (or from
a storage device) to another device including the stereo decoder 14 for decoding. As such, for example, the bit stream
22 could be communicated via any suitable communication medium to the stereo decoder 14.

[0033] The bit stream 22 may be received by the stereo decoder 14 for decoding. In an example embodiment, the
stereo decoder 14 may be any stereo decoder known in the art (compatible with the bit stream provided by the stereo
encoder 12). As such, the stereo decoder 14 decodes the bit stream 22 to provide an output signal 24 including synthesized
signals Ld and Rd. The synthesized signals Ld and RY of the output signal 24 are then communicated to the delay
restoration device 16. The delay restoration device 16 is configured to restore the time differences of the original input
signal 18 by performing an inverse operation with respect to the time alignment that occurred at the delay removal device
10, i.e. to inverse the time shift applied by the delay removal device 10, to produce the restored output 26.

[0034] In an example embodiment, the delay restoration device 16 is configured to restore the time differences that
were removed by the delay removal device 10. As such, for example, the delay restoration device 16 may utilize time
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alignment information 28 determined by the delay removal device 10 in order to restore the time differences. Of note,
the time alignment information 28 need not be provided by a separate channel or communication mechanism. Rather,
the line showing communication of the time alignment information 28 in FIG. 1 may be merely representative of the fact
that the time alignment information 28 comprising information that is descriptive of the time shifting applied to the input
signal 18 by the delay removal device 10 is provided ultimately to the delay restoration device 16. As such, for example,
the time alignment information 28 may actually be communicated via the bit stream 22. Thus, the delay restoration
device 16 may extract the time alignment information 28 from the output signal 24 provided by the stereo decoder 14
to the delay restoration device 16. However, the time alignment information 28 need not necessarily be discrete infor-
mation, but may instead be portions of data encoded in the bit stream 22 that is descriptive of time alignment or delay
information associated with various blocks or frames of data in the bit stream. When decoded by the stereo decoder 14,
the time alignment information 28 may be defined in relation to a time difference of one channel relative to the leading
channel.

[0035] In an example embodiment, the delay restoration device 16 is configured to divide the output signal (e.g., Ld
and IA?d) into blocks or frames and frequency bands. In another example embodiment the delay restoration device 16
may receive the signal divided into frequency bands by the stereo decoder 14, and further division into frequency bands
may not be needed. The delay restoration device 16 receives the information on the time shift d,(i) applied to frequency
bands b of the channels of current frame i. In some embodiments, the delay restoration device 16 further receives an
indication on the leading channel of frequency bands of the current frame. In some cases, delay restoration is then
performed, for example, as described in the pseudo code below.

[0036] If L, is the leading channel in current block i and frequency band b:

LGN +k) = L,(iN + k)

RGN +k+d,(@)=R,GN +k)

otherwise (i.e. If R, is the leading channel)
LGN +k+d,(@))=L,GN +k)

RZ(iN+k)=R, (iN +k)

,where k=0,...,I.

[0037] The frequency bands and overlapping window sections are then combined to provide the restored output 26
comprising signals L and R.

[0038] In an example embodiment, the delay removal device 10 may be embodied as a binaural encoder, providing
a (logical) pre-processing function for the audio encoder. As such, the binaural encoder in this example embodiment is
configured to take a stereo input signal, compute the time difference between the input channels, determine time shifts
required for time-alignment of the input channels, and time-align the channels of the input signal before passing the
signal to the stereo encoder 12. The time shift information may be encoded into the output provided by the binaural
encoder, which may be stereo encoded and provided as a bit stream to a stereo decoder (e.g., the stereo decoder 14).
Atfter stereo decoding, the resultant signal will have the time differences restored therein by the delay restoration device
16 embodied, for example, as a binaural decoder providing a (logical) post-processing function for the audio decoder.
The binaural decoder may utilize the time shift information to restore time differences into the restored output. Thus,
time difference between the input channels may be properly preserved through stereo encoding and decoding processes.
[0039] It should be understood that although the description above was provided in the context of a stereo signal,
embodiments of the present invention could alternatively be practiced in other contexts as well. Thus, embodiments of
the present invention may also be useful in connection with processing any input signal involving multiple channels
where the channels differ from each other mainly by phase and amplitude, implying that the signals on different channels
can be derived from each other by time shifting and signal level modification with acceptable accuracy. Such conditions
arise for example when the sound from common source(s) is captured by a set of microphones or the channels of an
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arbitrary input signal are processed to differ mainly in phase and amplitude. Moreover, as also indicated above, embod-
iments of the present invention may be practiced in connection with implementations that operate in either time or
frequency domains. Embodiments may also be provided over varying ranges of bit rates, possibly also with bit rate that
is varying from frame to frame.

[0040] Additionally, although the description above has been provided in the context of stereo encoding and decoding,
alternative embodiments could also be practiced in the context of mono encoding and decoding as shown, for example,
in FIG. 3. In this regard, FIG. 3 illustrates a block diagram of an alternative system for providing audio processing
according to an example embodiment of the present invention. As shown in FIG. 3, the system may comprise a binaural
encoder 30 (which is an example of an encoder capable of multi-channel delay removal), a mono encoder 32, a mono
decoder 34 and a binaural decoder 36 each of which may be any means or device embodied in hardware, software or
a combination of hardware and software that is configured to perform the corresponding functions of the binaural encoder
30, the mono encoder 32, the mono decoder 34 and the binaural decoder 36 (which is an example of a decoder capable
of multi-channel delay restoration), respectively, as described below.

[0041] In an example embodiment, the binaural encoder 30 may be configured to time-align the input channels as
described above in connection with the description of the delay removal device 10. In this regard, the binaural encoder
30 may be similar to the delay removal device 10 except that the binaural encoder 30 of this example embodiment may
provide a mono output M, shown by mono signal 40, after processing a stereo input signal 38. The mono output M may
be generated, for example, by first estimating the time difference between the input channels and then time shifting
some of the channels, as described above, and finally combining the time-aligned channels of the stereo input signal
38 (e.g., as a linear combination of the input channels) into a mono output M. Additional information, such as level
information descriptive of the level differences between respective frequency bands and/or information descriptive of
the correlation between the respective frequency bands may be provided along with the information on the time shift
applied to frequency bands of the input signal as the time alignment information 48 and the mono output M in the mono
signal 40. The mono signal 40 is then encoded by mono encoder 32, which may be any suitable mono encoder known
in the art. The mono encoder 32 then produces a bit stream 42 which may be stored or communicated at some point to
the mono decoder 34 for immediate decoding or for storage and later decoding. The mono decoder 34 may also be any
suitable mono decoder known in the art (compatible with the bit stream provided by the mono encoder 32) and may be
configured to decode encoded bit stream into a decoded mono signal 44. The decoded mono signal 44 may then be
communicated to the binaural decoder 36.

[0042] In an example embodiment, the binaural decoder 36 is configured to utilize the time shift information received
as part of the time alignment information 48 to reconstruct time differences in the stereo input signal 38 in order to
produce a stereo output signal 46 corresponding to the stereo input signal 38. In this regard, the operation of the binaural
decoder 36 may be similar to the operation of the delay restoration device 16 described above. However, the binaural
decoder 36 of this example embodiment may be further configured to use the additional information received as part of
the time alignment information 48, such as level information and or correlation information, to enhance the stereo signal
from the decoded mono signal 44.

[0043] Accordingly, in general terms, an example embodiment of the present invention, similar to the embodiments
described above, may be configured to divide an input signal into a plurality of frames and spectral bands. One channel
among multiple input channels may then be selected as a leading channel and the time difference between the leading
channel and the non-leading channel(s) may be defined, e.g. in terms of a time shift value for one or more frequency
bands. As such, the channels may be time aligned with corresponding time shift values defined relative to each corre-
sponding band so that the non-leading channels are essentially shifted in time. According to this example embodiment,
the time aligned signals are then encoded and subsequently decoded using stereo or mono encoding/decoding tech-
niques. At the decoder side, the determined time shift values may then be used for restoring the time difference in
synthesized output channels.

[0044] Inexample embodiments, modifications and/or additions to the operations described above may also be applied.
In this regard, for example, as described above, numerous criteria could be used for leading channel selection. According
to an example embodiment, a perceptually motivated mechanism for time shifting the frequency bands of the input
channels in relation to each other may be utilized. For example, the channel at which a particular event (e.g., a beginning
of a sound after silence) is encountered first may be selected as the leading channel for a frequency band. Such a
situation may occur, for example, if a particular event is detected first at the location of one microphone associated with
a first channel, and at some later time the same event is detected at the location of another microphone associated with
another channel, implying that the channel at which the particular event is encountered first may be selected as the
leading channel for a frequency band. The corresponding frequency band(s) of the other channel(s) may then be aligned
to the leading channel with corresponding time shift values defined based on the estimated time difference between the
channels for encountering the particular event. The leading channel may change from one frame to the next based on
fromwhere the sounds encountered originate. Transitions associated with changes in leading channels may be performed
smoothly in order to avoid large changes in time shift values from one frame to another. As such, each channel may be
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modified in a perceptually "safe" manner in order to decrease the risk of encountering artifacts.

[0045] In an example embodiment, the two input channels (e.g., the left channel L and the right channel R of the input
signal 18) may be processed in frames. In each frame, the left channel L and the right channel R of the input signal 18
are divided into one or more frequency bands as described above. As indicated above, the frames may or may not
overlap in time. As an example, let L; and RZ be the frequency band b of frame i. Using for example cross-correlation
between channels, a time difference value d,(i) between similar components on channels of the input signal may be

determined to indicate how much R; should be shifted in order to make it as similar as possible with L’; . As described

above, other example embodiments may use different similarity measures and different methods to estimate the time
difference d,(i). The time difference can be expressed for example as milliseconds or as number of signal samples. In

an example embodiment, when d,(i) is positive R; may be shifted forward in time and similarly when d,(i) is negative

Rzi may be shifted backward in time.

[0046] Inanexample embodiment, instead of directly using the time difference d,(i) as the single time shift for a certain
frequency band, as described above, a separate time shift parameter may be provided for each channel. Thus, for
example, time shifts for frequency bands of the left channel L and the right channel R of the input signal 18 in frame i
may be denoted as d/ (i) and d, (i) , respectively. Both of these parameters (e.g., d (i) and d; (i) ) denote how
much (e.g. how many samples) each respective frequency band in a corresponding channel is shifted in time. In an

example embodiment, the equality d;° (1) — d (i) = d,, (i) remains true to ensure correct time-alignment.

[0047] Inanexample situation, binaural signals corresponding to channels including data correlating to the occurrence
of a particular event that is represented in each channel may be encountered. In such a situation, the channel in which
the particular event occurs (or is represented) first in the data may be considered to be perceptually more important.
Modifying sections that may be considered to be perceptually important may introduce a risk of introducing reductions
in sound quality. Accordingly, it may be desirable in some cases to select the channel in which the particular event occurs
first as the leading channel, and modify only the less important channels (e.g., the channels in which the particular event
occurs later (e.g., the non-leading channels)). In this regard, it may be desirable to avoid shifting the channel (and/or
the frequency band) in which the event occurs first.

[0048] As an example, the following logic may be used when selecting time shift values a,’bl’ (1) and df (l) based on
time difference d(i):

If dp (i) <0

df(H=0

di ()= d, (i)

If (i) = 0

dzf H=-d,(

dX(i)=0

[0049] Of note, in this example, the values of dlf (z) and d: (z) in the example above are always equal to or smaller
than zero, and thus only shifts backward in time are performed. In addition, very large shifts may not be performed for
an individual channel from one frame to another. For example, in one example embodiment in which it is assumed that

the biggest allowed shiftis =K samples, when dj(i-1) =-Kand dj, (/) = K , it follows that dlf (i-1)=0, dbL (H)=-K,
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d}(i—1)=-K and d,’ (i) =0. Thus, without other limitations, in this example the biggest possible time shift for a
frequency band of an individual channel from one frame to another is K, not 2K samples. Thus, for example, a decreased
risk of encountering perceptual artifacts may be experienced. Other paradigms for limiting size, sign or magnitude of
the time shift on a given frequency band or size, sign or magnitude of the difference in time shifts between successive
frames on a given frequency band could alternatively be employed in efforts to increase quality and reduce the occurrence
of artifacts.

[0050] At the decoder side, inverse operations relative to the time shifts introduced by the binaural encoder or delay

removal device (e.g., shifts d; () and (i) ) may be performed to enable the creation of a synthesized version of
the input signals.

[0051] As described above, overlapping windows may be utilized in connection with determining frames or blocks for
further division into spectral bands. However, non-overlapping windows may also be employed. Referring again to FIG.
1, an alternative example embodiment will now be described in which non-overlapping windows may be employed.
[0052] In this regard, for example, the delay removal device 10 may comprise or be embodied as a filter bank. The
filter bank may divide each channel of the input signal 18 (e.g., the left channel L and the right channel R) into a particular
number of frequency bands B. If the number of frequency bands B is 1, the filter bank may or may not be employed. In
an example embodiment, no downsampling is performed for the resulting frequency band signals. In an alternative
example embodiment, the frequency band signals may be downsampled prior to further processing. The filter bank may
be non-uniform, as described above in that certain frequency bands may be narrower than others, for example, based
on the properties of human hearing according to so called critical bands, as described above.

[0053] In this example embodiment, the filter bank divides channels of the input signal 18 (e.g., the left channel L and
the right channel R) into a particular number of frequency bands B. The bands of the left channel L are described as L,
Ly, L,...,Lg. Similarly, the bands of the right channel R are described as R4, Ry, Rs,...,Rg. Unlike the scenario described
above, in this example embodiment, the frames do not overlap.

[0054] In an example embodiment, in the delay removal device 10, each frequency band may be compared with a
corresponding frequency band of the other channel in time domain. As such, for example, the cross-correlation between
Ly(7) and Ry(/) may be computed to find a desired or optimal time difference between the channels. Consquently, the

frequency bands L, (i) and Ry(i) are most similar when a time shift corresponding to the estimated time difference is
applied. In other example embodiments different similarity measures and search methods may be used to find the time
difference measure, as described above. The time difference indicating the optimal time shift may be searched in range
of =K samples, where K is the biggest allowed time shift. For example, with a 32 kHz input signal sampling rate, a
suitable value for Kmay be about 30 samples. Based on the optimal time difference and using, for example, the operations
described above, a time shift may be obtained for both channels. The respective time shift values may be denoted as
d;‘ (7) and df (1) . Other methods may alternatively be used such as, for example, always modifying only the other

channel or the like. In some example embodiments it may be considered reasonable to estimate and modify the time
difference between channels on a subset of frequency bands, for example only for frequencies below 2 kHz. Alternatively,
the time alignment processing may be performed on any arbitrary set of frequency bands, possibly changing from frame
to frame.

[0055] Modification according to an example embodiment will now be described in the context of use in association
with one frequency band of the left channel L as an example. The modification may be performed separately for each

frequency band and channel. According to the example, let " (i) and d; (i —1) be the time differences for frequency
band b of the left channel L in a current frame and in previous frame, respectively. The change of time difference may

be expressed as Ad, (i) =d; (i)—d, (i —1) . The change of time difference may define how much the frequency

band b is desirable to be modified. If Ad/ (i) is zero there is no need for modification. In other words, if Ad/ (i) is
zero, the frequency band b of the current frame may be directly added to the end of the corresponding frequency band

of the previous frame. When Ad.bL (1) is smaller than zero (e.g., a negative value corresponding to shifting a signal
backward in time), IAdbL (z)| samples may be added to the signal in frequency band b. Correspondingly, when Adlf (@)

is bigger than zero (e.g., a positive value), AdbL (z) samples may be removed from the signal in frequency band b. In
both latter cases the actual processing may be quite similar.

[0056] To modify the length of a frame with |AdbL (z)l samples, the frame may be divided into 'Adlf (Z)I segments
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of length |_N /IAdbL (z)lJ samples, where N is the length of the frame in samples, and L-1 denotes rounding towards

minus infinity. Based on the sign of AdbL (i), one sample may be either removed or added in every segment. The

perceptually least sensitive instant of the segment may be used for the removal or addition of samples. Since, in one
example, the frequency bands for which the modifications are performed may represent frequencies below 2 kHz, the
content of the frequency band signals may be slowly evolving sinusoidal shapes. For such signals, the perceptually
safest instant for the modification is the instant where the difference between amplitudes of adjacent samples is smallest.

In other words, for example, instant mkln(]s(k) —s(k— 1)|_+|S(k +1)— s(k)|) may be searched, where s(t) is the

current segment. Other embodiments, possibly processing a different set of frequency bands my use different criteria
for selecting a point of signal modification.

[0057] Addinganew sample to s(f) may be straightforward in that a new sample may be added to instant k, for example,
with a value (s(k-1)+s(k))/2, and the indexes of the remaining vector may be increased by one. Optionally, some em-
bodiments may employ smoothing in a manner similar to one described for removing a sample from the signal below.
As such, for example, s(k) in an original segment is represented by s(k+1) in the modified segment, etc. When a sample
is removed, slight smoothing of the signal around the removed sample may be performed in order to ensure that no
sudden changes occur in the amplitude value. For example, let s(k) be the sample which will be removed. Then, samples
before and after s(k) may be modified as follows:

s(k-1) - 0.6s(k-1) + 0.4s(k)

s(k+1) = 0.6s(k+1) + 0.4s(k).

[0058] Thus, the original value of the sample preceding the removed sample is replaced with a value computed as a
linear combination of its original value and the value of the removed sample. In a similar manner, the original value of
the sample following the removed sample is replaced with a value computed as a linear combination of its original value
and the value of the removed sample. Subsequently, sample s(k) may be removed from the segment and the indexes
of samples after the original s(k) may be decreased by one. Of note, more advanced smoothing can be used both when
adding and removing samples. However, in some cases, considering only adjacent samples may provide acceptable
quality. Note that in the approaches for inserting and removing samples describe above, the desired time shift is fully
reached in the end of a frame that is being modified. Other embodiments may use different processing for inserting or
removing samples. For example, the samples may be inserted as one or several subblocks - a size of which sums up
to the desired time shift - in perceptually safe instants of the signal. An embodiment implementing this kind of processing
may or may not perform smoothing of the signal around the edges of inserted subblocks. In a similar manner, the samples
can be removed as one or several subbocks, a combined size of which may introduce the desired time shift.

[0059] When all the frequency bands have been processed, the frequency bands of a channel may be combined. To
make sure that the above described modification has not created any disturbing artifacts to certain frequencies (e.g.,
the high frequencies) it may be reasonable to first combine only those frequency bands that have been modified (e.g.
frequencies below 2 kHz) and perform suitable lowpass filtering. For example, if frequencies below 2 kHz have been
modified, the cut-off frequency of the lowpass filter may be about 2.1 kHz. After the lowpass filtering, the unmodified
frequency bands (e.g. the ones above 2 kHz) may be combined to the signal and the delay caused by the lowpass
filtering may be considered when combined signals.

[0060] After time differences between input channels have been removed, the signals may either be inputted to a
stereo codec (e.g., the stereo encoder 12) or combined and inputted to mono codec (e.g., the mono encoder 32). When
the binaural encoder 30 is used with a mono codec, signal level information may also be extracted from the channels
of the input signal, as described above. The level information is typically calculated separately for each frequency band.
In this context, level information may be calculated either utilizing the frequency band division used for the time difference
analysis or, alternatively, a separate - and different-division to frequency bands may be used for extracting the information
on signal levels.

[0061] Similarto the descriptions provided above, the decoder side may perform inversely with respect to the described
processes of the encoder side. Thus, for example, time differences may be restored to the signals and, in the case of
mono codec, also the signal levels may be returned to their original values.

[0062] In some embodiments, the codec may cause some processing and/or algorithmic delay for the input signals.
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In this regard, for example, creating the time domain frequency band signals may cause a delay that may be dependent
on lengths of the filters employed in dividing the signal into the frequency bands. In addition, the signal modification itself
may cause a delay, which may be in a maximum of K samples. Additionally, possible lowpass filtering may cause a
delay dependent on the length of filter employed. Moreover, in an example embodiment windows centered at a modifi-
cation window boundary may be employed to estimate the time difference values used to derive the time shift values
used for signal modification, as the boundary may be considered to be the instant where the shift of the signal matches
the estimated time difference. Thus, example embodiments such as the preceding embodiment may provide for the
implementation of a time shift by modifying a signal in the time domain such that modification points are selected at
perceptually less sensitive time instants. Furthermore, signal smoothing may be performed around the modification points.
[0063] Otheralternative implementations may also be evidentin light of the examples and descriptions provided herein.
In this regard, for example, among other alternatives, modification may be performed in frequency bands, modification
may be distributed over a frame so that no large sudden changes in signal are experienced, and/or perceptually less
sensitive instants of the signal may be searched for modification. Other changes may also be employed.

[0064] As described above, embodiments of the present invention may provide for improved quality for encoded (or
otherwise processed) binaural, stereo, or other multi-channel signals. In this regard, embodiments of the presentinvention
may provide for the preservation of time difference within an encoded signal that may be used at the decoder side for
signal reconstruction by restoration of the time difference. Moreover, some embodiments may operate with relatively
low bit rates to provide better quality than conventional mechanisms.

[0065] An apparatus capable of operating in accordance with embodiments of the present invention will now be
described in connection with FIG. 4. In this regard, FIG. 4 illustrates a block diagram of an apparatus for providing
improved audio processing according to an example embodiment. The apparatus of FIG. 4 may be employed, for
example, on a mobile terminal such as a portable digital assistant (PDAs), pager, mobile television, gaming device,
laptop computer or other mobile computer, camera, video recorder, mobile telephone GPS device, portable audio (or
other media including audio) recorder or player. However, devices that are not mobile may also readily employ embod-
iments of the present invention. For example, car, home or other environmental recording and/or stereo playback equip-
ment including commercial audio media generation or playback equipment may benefit from embodiments of the present
invention. It should also be noted, that while FIG. 4 illustrates one example of a configuration of an apparatus for providing
improved audio processing, numerous other configurations may also be used to implement embodiments of the present
invention.

[0066] Referring now to FIG. 4, an apparatus for providing improved audio processing is provided. The apparatus may
include or otherwise be in communication with a processor 70, a user interface 72, a communication interface 74 and
amemory device 76. The memory device 76 may include, for example, volatile and/or non-volatile memory. The memory
device 76 may be configured to store information, data, applications, instructions or the like for enabling the apparatus
to carry out various functions in accordance with example embodiments of the present invention. For example, the
memory device 76 could be configured to buffer input data for processing by the processor 70. Additionally or alternatively,
the memory device 76 could be configured to store instructions for execution by the processor 70. As yet another
alternative, the memory device 76 may be one of a plurality of databases that store information and/or media content.
[0067] The processor 70 may be embodied in a number of different ways. For example, the processor 70 may be
embodied as various processing means such as a processing element, a coprocessor, a controller or various other
processing devices including integrated circuits such as, for example, an ASIC (application specific integrated circuit)
oran FPGA (field programmable gate array). In an example embodiment, the processor 70 may be configured to execute
instructions stored in the memory device 76 or otherwise accessible to the processor 70.

[0068] Meanwhile, the communication interface 74 may be embodied as any device or means embodied in either
hardware, software, or a combination of hardware and software that is configured to receive and/or transmit data from/to
a network and/or any other device or module in communication with the apparatus. In this regard, the communication
interface 74 may include, for example, an antenna and supporting hardware and/or software for enabling communications
with a wireless communication network. In fixed environments, the communication interface 74 may alternatively or also
support wired communication. As such, the communication interface 74 may include a communication modem and/or
other hardware/software for supporting communication via cable, digital subscriber line (DSL), universal serial bus (USB)
or other mechanisms. In some embodiments, the communication interface 74 may provide an interface with a device
capable or recording media on a storage medium or transmitting a bit stream to another device. In alternative embodi-
ments, the communication interface 74 may provide an interface to a device capable of reading recorded media from a
storage medium or receiving a bit stream transmitted by another device.

[0069] The user interface 72 may be in communication with the processor 70 to receive an indication of a user input
at the user interface 72 and/or to provide an audible, visual, mechanical or other output to the user. As such, the user
interface 72 may include, for example, a keyboard, a mouse, a joystick, a touch screen display, a conventional display,
a microphone, a speaker (e.g., headphones), or other input/output mechanisms. In some example embodiments, the
user interface 72 may be limited or even eliminated.
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[0070] In anexample embodiment, the processor 70 may be embodied as, include or otherwise control a signal divider
78, a channel selector 80, a time shift determiner 82, an encoder 84, and/or a decoder 86. The signal divider 78, the
channel selector 80, the time shift determiner 82, the encoder 84, and the decoder 86 may each be any means such as
a device or circuitry embodied in hardware, software or a combination of hardware and software that is configured to
perform the corresponding functions of the signal divider 78, the channel selector 80, the time shift determiner 82, the
encoder 84, and the decoder 86, respectively, as described below. In some embodiments, the apparatus may include
only one of the encoder 84 and decoder 86. However, in other embodiments, the apparatus may include both. One or
more of the other portions of the apparatus could also be omitted in certain embodiments and/or other portions not
mentioned herein could be added. Furthermore, in some embodiments, certain ones of the signal divider 78, the channel
selector 80, the time shift determiner 82, the encoder 84, and the decoder 86 may be physically located at different
devices or the functions of some or all of the signal divider 78, the channel selector 80, the time shift determiner 82, the
encoder 84, and the decoder 86 may be combined within a single device (e.g., the processor 70).

[0071] Inanexample embodiment, the signal divider 78 may be configured to divide each channel of a multiple channel
input signal into a series of analysis frames using analysis window as described above. The frames and/or windows
may be overlapping or non-overlapping. In some cases, the signal divider 78 may comprise a filter bank as described
above, or another mechanism for dividing the analysis frames into spectral bands. The signal divider 78 may operate
to divide signals as described above whether the signal divider 78 is embodied at the apparatus comprising an encoder
and operating as an encoding device or comprising a decoder and operating as a decoding device.

[0072] The channel selector 80 may be in communication with the signal divider 78 in order to receive an output from
the signal divider 78. The channel selector may be further configured to select one of the input channels as the leading
channel for selected spectral bands in each analysis frame. As indicated above, the channel selected as the lead channel
may be selected based on various different selection criteria.

[0073] The time shift determiner 82 may be configured to determine a time shift value for each channel. In this regard,
for example, the time shift determiner 82 may be configured to determine a temporal difference measure (e.g., the inter-
channeltime difference (ICTD)) for selected spectral bands in each analysis frame by, for example, using cross-correlation
between signal segments as the measure of similarity. A time shift for each channel may then be determined and the
channels may be aligned according to the determined time shift in such a way that the non-leading channels for any
given frame may be shifted according to the determined time shift. When embodied in a device operating as an encoder,
the time shift determiner 82 may determine time shift parameters for encoding. In this regard, for example, the time shift
determiner 82 may be further configured to time align signals between different channels based on the determined time
shift parameters. However, if the time shift determiner 82 is embodied at a device operating as a decoder, the time shift
determiner 82 may be configured to determine time shift parameters encoded for communication to the decoder for use
in restoring time delays based on the determined time shift parameters.

[0074] The encoder 84 may be configured to encode time aligned signals for further processing and/or transmission.
In this regard, for example, the encoder 84 may be embodied as a stereo encoder or a mono encoder that may be known
in the art.

[0075] The decoder 86 may be configured to decode time aligned signals as described above in connection with the
binaural decoder 36 or the delay restoration device 16. As such, for example, the time shift determiner 82 may be further
configured to restore the time difference in a multi-channel synthesized output signal based on received time shift
parameters at selected spectral bands in each analysis frame.

[0076] FIG. 5 is a flowchart of a system, method and program product according to example embodiments of the
invention. Fig. 6 is a flowchart of a system, method and program product according to examples. It will be understood
that each block or step of the flowcharts, and combinations of blocks in the flowcharts, can be implemented by various
means, such as hardware, firmware, and/or software including one or more computer program instructions. For example,
one or more of the procedures described above may be embodied by computer program instructions. In this regard, the
computer program instructions which embody the procedures described above may be stored by a memory and executed
by a processor (e.g., the processor 70). As will be appreciated, any such computer program instructions may be loaded
onto a computer or other programmable apparatus (i.e., hardware) to produce a machine, such that the instructions
which execute on the computer or other programmable apparatus create means for implementing the functions specified
in the flowcharts block(s) or step(s). These computer program instructions may also be stored in a computer-readable
memory that can direct a computer or other programmable apparatus to function in a particular manner, such that the
instructions stored in the computer-readable memory produce an article of manufacture including instruction means
which implement the function specified in the flowcharts block(s) or step(s). The computer program instructions may
also be loaded onto a computer or other programmable apparatus (e.g., the processor 70) to cause a series of operational
steps to be performed on the computer or other programmable apparatus to produce a computer-implemented process
such that the instructions which execute on the computer or other programmable apparatus provide steps forimplementing
the functions specified in the flowcharts block(s) or step(s).

[0077] Accordingly, blocks or steps of the flowcharts support combinations of means for performing the specified
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functions, combinations of steps for performing the specified functions and program instruction means for performing
the specified functions. It will also be understood that one or more blocks or steps of the flowcharts, and combinations
of blocks or steps in the flowcharts, can be implemented by special purpose hardware-based computer systems which
perform the specified functions or steps, or combinations of special purpose hardware and computer instructions.
[0078] In this regard, one embodiment of a method of providing audio processing may comprise dividing respective
signals of each channel of a multi-channel audio input signal into one or more spectral bands corresponding to respective
analysis frames at operation 100 and selecting a leading channel from among channels of the multi-channel audio input
signal for at least one spectral band at operation 110. The method may further comprise determining a time shift value
for at least one spectral band of at least one channel at operation 120 and time aligning the channels based at least in
part on the time shift value at operation 130.

[0079] In an example embodiment, dividing respective signals of each channel may comprise dividing respective
signals of each channel into spectral bands corresponding to respective overlapping or non-overlapping analysis frames.
In some cases, a filter bank may be used for the dividing in which the filter bank does not perform downsampling. In an
example embodiment, selecting the leading channel may comprise selecting the leading channel based on which channel
detects an occurrence of an eventfirst. In some embodiments, determining the time shift value may comprise determining
a separate time shift value for each channel. However, in some cases, the leading channel may remain unmodified and
only the non-leading channel may have a time shift value applied thereto. In some example embodiments, the method
may comprise providing an indication of the leading channel and applied time shifts to a delay restoration device or a
binaural decoder to enable inverse operation in the receiving end. In an example embodiment, the time shift values may
be determined relative to a leading channel for a channel other than the leading channel for a set of spectral bands.
[0080] In an example embodiment, an apparatus for performing the method above may comprise a processor (e.g.,
the processor 70) configured to perform each of the operations (100-130) described above. The processor may, for
example, be configured to perform the operations by executing stored instructions or an algorithm for performing each
of the operations. Alternatively, the apparatus may comprise means for performing each of the operations described
above. In this regard, according to an example embodiment, examples of means for performing operations 100 to 130
may comprise, for example, an algorithm for controlling band forming, channel selection, time shift determinations, and
encoding as described above, the processor 70, or respective ones of the signal divider 78, the channel selector 80, the
time shift determiner 82, and the encoder 84.

[0081] In another example, as shown in FIG. 6, a method of providing improved audio processing may comprise
dividing a time aligned decoded audio input signal into one or more spectral bands corresponding to respective analysis
frames for multiple channels at operation 200. The method may further comprise receiving time alignment information
comprising time shift values for one or more channels in one or more spectral bands and possibly an indication on the
leading channel at operation 210, and restoring time differences between the multiple channels using the time shift
values to provide a synthesized multi-channel output signal at operation 220. In an example, dividing the time aligned
decoded audio input signal may comprise dividing each channel into spectral bands corresponding to respective over-
lapping or non-overlapping analysis frames.

[0082] In an example, an apparatus for performing the method of FIG. 6 above may comprise a processor (e.g., the
processor 70) configured to perform each of the operations (200-220) described above. The processor may, for example,
be configured to perform the operations by executing stored instructions or an algorithm for performing each of the
operations. Alternatively, the apparatus may comprise means for performing each of the operations described above.
In this regard, according to an example, examples of means for performing operations 200 to 220 may comprise, for
example, an algorithm for controlling band forming, time shift determinations, and decoding as described above, the
processor 70, or respective ones of the signal divider 78, the time shift determiner 82, and the decoder 86.

[0083] Many modifications and other embodiments of the inventions set forth herein will come to mind to one skilled
in the art to which these inventions pertain having the benefit of the teachings presented in the foregoing descriptions
and the associated drawings. Therefore, it is to be understood that the inventions are not to be limited to the specific
embodiments disclosed and that modifications and other embodiments are intended to be included within the scope of
the appended claims. Moreover, although the foregoing descriptions and the associated drawings describe example
embodiments in the context of certain example combinations of elements and/or functions, it should be appreciated that
different combinations of elements and/or functions may be provided by alternative embodiments without departing from
the scope of the appended claims. In this regard, for example, different combinations of elements and/or functions than
those explicitly described above are also contemplated as may be set forth in some of the appended claims. Although
specific terms are employed herein, they are used in a generic and descriptive sense only and notfor purposes of limitation.

Claims

1. A method comprising:
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dividing respective signals of each channel of a multi-channel audio input signal into one or more spectral bands
corresponding to respective analysis frames;

selecting a leading channel from among channels of the multi-channel audio input signal for at least one spectral
band, wherein selecting the leading channel comprises selecting the leading channel based on which channel
an occurrence of an event is detected first;

determining a time shift value for at least one spectral band of at least one channel; and

time aligning the channels based at least in part on the time shift value.

The method of claim 1, wherein the time aligning comprises modifying a signal of at least one spectral band of at
least one channel other than the leading channel selected for a respective spectral band based at least in part on
a respective time shift value.

The method of claim 1 or 2, wherein dividing respective signals of each channel comprises dividing respective
signals of each channel into spectral bands corresponding to respective overlapping or non-overlapping analysis
frames.

The method of any of claims 1 to 3, wherein determining the time shift value comprises determining a separate time
shift value for each channel.

The method of any of claims 1 to 4, wherein dividing respective signals of each channel comprises passing the
multi-channel audio input signal through a filter bank that does not perform downsampling for the spectral bands.

An apparatus comprising a processor configured to:

divide respective signals of each channel of a multi-channel audio input signal into one or more spectral bands
corresponding to respective analysis frames;

select a leading channel from among channels of the multi-channel audio input signal for at least one spectral
band, wherein selecting the leading channel comprises selecting the leading channel based on which channel
an occurrence of an event is detected first;

determine a time shift value for at least one spectral band of at least one channel; and

time align the channels based at least in part on the time shift value.

The apparatus of claim 6, wherein the processor is configured to time align by modifying a signal of at least one
spectral band of at least one channel other than the leading channel selected for a respective spectral band based
at least in part on a respective time shift value.

The apparatus of claim 6 or 7, wherein the processor is configured to divide respective signals of each channel by
dividing respective signals of each channel into spectral bands corresponding to respective overlapping or non-
overlapping analysis frames.

The apparatus of any of claims 6 to 8, wherein the processor is configured to determine the time shift value by
determining a separate time shift value for each channel.

The apparatus of any of claims 6 to 9, wherein the processor is configured to divide respective signals of each
channel by passing the multi-channel audio input signal through a filter bank that does not perform downsampling
for the spectral bands.

A computer program product comprising at least one computer-readable storage medium having computer-execut-
able program code portions stored therein, the computer-executable program code portions comprising:

a first program code portion adapted to divide respective signals of each channel of a multi-channel audio input
signal into one or more spectral bands corresponding to respective analysis frames;

a second program code portion adapted to select a leading channel from among channels of the multi-channel
audio input signal for at least one spectral band, wherein selecting the leading channel comprises selecting the
leading channel based on which channel an occurrence of an event is detected first;

a third program code portion adapted to determine a time shift value for at least one spectral band of at least
one channel; and

a fourth program code portion adapted to time align the channels based at least in part on the time shift value.
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The computer program product of claim 11, wherein the fourth program code portion includes instructions adapted
to modify a signal of at least one spectral band of at least one channel other than the leading channel selected for
a respective spectral band based at least in part on a respective time shift value.

The computer program product of claim 11 or 12, wherein the first program code portion includes instructions adapted
to divide respective signals of each channel into spectral bands corresponding to respective overlapping or non-
overlapping analysis frames.

The computer program product of any of claims 11 to 13, wherein the third program code portion includes instructions
adapted to determine a separate time shift value for each channel.

The computer program product of any of claims 11 to 14, wherein the first program code portion includes instructions
adapted to pass the multi-channel audio input signal through a filter bank that does not perform downsampling for
the spectral bands.

Patentanspriiche

1.

7.

Verfahren, das Folgendes umfasst:

Aufteilen jeweiliger Signale jedes Kanals eines Mehrkanal-Audioeingangssignals in ein oder mehrere Spektral-
bander, die jeweiligen Analyserahmen entsprechen;

Auswahlen eines fiihrenden Kanals aus Kanalen des Mehrkanal-Audioeingangssignals flir mindestens ein Spek-
tralband, wobei das Auswéahlen des fiihrenden Kanals ein Auswahlen des fiihrenden Kanals umfasst, das darauf
basiert, auf welchem Kanal ein Auftreten eines Ereignisses zuerst detektiert wird;

Bestimmen eines Zeitverschiebungswerts fir mindestens ein Spektralband mindestens eines Kanals;

und

Synchronisieren der Kanéle basierend zumindest teilweise auf dem Zeitverschiebungswert.

Verfahren nach Anspruch 1, wobei das Synchronisieren ein Modifizieren eines Signals mindestens eines Spektral-
bands von mindestens einem Kanal auBer dem fiihrenden Kanal umfasst, der fir ein jeweiliges Spektralband zu-
mindest teilweise basierend auf einem jeweiligen Zeitverschiebungswert ausgewahlt wird.

Verfahren nach Anspruch 1 oder 2, wobei das Aufteilen jeweiliger Signale jedes Kanals ein Aufteilen jeweiliger
Signale jedes Kanals in Spektralbdnder entsprechend den jeweiligen tberlappenden oder nicht tGberlappenden
Analyserahmen umfasst.

Verfahren nach einem der Anspriiche 1 bis 3, wobei das Bestimmen des Zeitverschiebungswerts ein Bestimmen
eines separaten Zeitverschiebungswerts fir jeden Kanal umfasst.

Verfahren nach einem der Anspriiche 1 bis 4, wobei das Aufteilen jeweiliger Signale jedes Kanals ein Leiten des
Mehrkanal-Audioeingangssignals durch eine Filterbank umfasst, die keine Abwartsabtastung fir die Spektralbander
ausfihrt.

Vorrichtung, die einen Prozessor umfasst, der fir Folgendes konfiguriert ist:

Aufteilen jeweiliger Signale jedes Kanals eines Mehrkanal-Audioeingangssignals in ein oder mehrere Spektral-
bander, die jeweiligen Analyserahmen entsprechen;

Auswahlen eines fiihrenden Kanals aus Kanalen des Mehrkanal-Audioeingangssignals flir mindestens ein Spek-
tralband, wobei das Auswéahlen des fiihrenden Kanals ein Auswahlen des fiihrenden Kanals umfasst, das darauf
basiert, auf welchem Kanal ein Auftreten eines Ereignisses zuerst detektiert wird;

Bestimmen eines Zeitverschiebungswerts fiir mindestens ein Spektralband mindestens eines Kanals;

und

Synchronisieren der Kanéle basierend zumindest teilweise auf dem Zeitverschiebungswert.

Vorrichtung nach Anspruch 6, wobei der Prozessor dazu konfiguriert ist, zu synchronisieren, indem er ein Signal

mindestens eines Spektralbands von mindestens einem Kanal aulRer dem fliihrenden Kanal modifiziert, der fir ein
jeweiliges Spektralband zumindest teilweise basierend auf einem jeweiligen Zeitverschiebungswert ausgewahlt wird.
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8. Vorrichtung nach Anspruch 6 oder 7, wobei der Prozessor dazu konfiguriert ist, die jeweiligen Signale jedes Kanals
durch Aufteilen jeweiliger Signale jedes Kanals in Spektralbander entsprechend den jeweiligen Giberlappenden oder
nicht Uberlappenden Analyserahmen in Spektralbdnder aufzuteilen.

9. Vorrichtung nach einem der Anspriiche 6 bis 8, wobei der Prozessor dazu konfiguriert ist, den Zeitverschiebungswert
durch Bestimmen eines separaten Zeitverschiebungswerts fir jeden Kanal zu bestimmen.

10. Vorrichtung nach einem der Anspriiche 6 bis 9, wobei der Prozessor dazu konfiguriert ist, die jeweiligen Signale
jedes Kanals durch Leiten des Mehrkanal-Audioeingangssignals durch eine Filterbank, die keine Abwartsabtastung
fir die Spektralbander ausfihrt, aufzuteilen.

11. Computerprogrammprodukt, das mindestens ein computerlesbares Speichermedium umfasst, auf dem computer-
ausfihrbare Programmcodeabschnitte gespeichert sind, wobei die computerausfiihrbaren Programmcodeabschnit-
te Folgendes umfassen:

einen ersten Programmcodeabschnitt, der dazu ausgelegt ist, die jeweiligen Signale jedes Kanals eines Mehr-
kanal-Audioeingangssignals in ein oder mehrere Spektralbédnder, die jeweiligen Analyserahmen entsprechen,
aufzuteilen;

einen zweiten Programmcodeabschnitt, der dazu ausgelegt ist, einen fiilhrenden Kanal aus Kanalen des Mehr-
kanal-Audioeingangssignals flir mindestens ein Spektralband auszuwéhlen, wobei das Auswahlen des flihren-
den Kanals ein Auswéahlen des fihrenden Kanals umfasst, das darauf basiert, auf welchem Kanal ein Auftreten
eines Ereignisses zuerst detektiert wird;

einen dritten Programmcodeabschnitt, der dazu ausgelegt ist, einen Zeitverschiebungswert fiir mindestens ein
Spektralband mindestens eines Kanals zu bestimmen; und

einen vierten Programmcodeabschnitt, der dazu ausgelegt ist, die Kanale basierend zumindest teilweise auf
dem Zeitverschiebungswert zu synchronisieren.

12. Computerprogrammprodukt nach Anspruch 11, wobei der erste Programmcodeabschnitt Befehle aufweist, die dazu
ausgelegt sind, ein Signal mindestens eines Spektralbands von mindestens einem Kanal aufer dem flihrenden
Kanal zu modifizieren, der fir ein jeweiliges Spektralband zumindest teilweise basierend auf einem jeweiligen
Zeitverschiebungswert ausgewahlt wird.

13. Computerprogrammprodukt nach Anspruch 11 oder 12, wobei der erste Programmcodeabschnitt Befehle aufweist,
die dazu ausgelegt sind, die jeweiligen Signale jedes Kanals entsprechend den jeweiligen tUiberlappenden oder nicht
Uberlappenden Analyserahmen in Spektralbander aufzuteilen.

14. Computerprogrammprodukt nach einem der Anspriiche 11 bis 13, wobei der dritte Programmcodeabschnitt Befehle
aufweist, die dazu ausgelegt sind, einen separaten Zeitverschiebungswert fiir jeden Kanal zu bestimmen.

15. Computerprogrammprodukt nach einem der Anspriiche 11 bis 14, wobei der erste Programmcodeabschnitt Befehle
aufweist, die dazu ausgelegt sind, das Mehrkanal-Audioeingangssignal durch eine Filterbank zu leiten, die keine
Abwartsabtastung flur die Spektralbdnder ausfihrt.

Revendications
1. Procédé comprenant les étapes suivantes :

diviser des signaux respectifs de chaque canal d’un signal d’entrée audio multicanal en une ou plusieurs bandes
spectrales correspondant a des trames d’analyse respectives ;

sélectionner un canal principal parmi des canaux du signal d’entrée audio multicanal pour au moins une bande
passante, ou sélectionner le canal principal comprend de sélectionner le canal principal sur la base du canal
sur lequel une occurrence d’'un événement a été détectée en premier ;

déterminer une valeur de décalage temporel pour au moins une bande spectrale d’au moins un canal ; et
réaliser un alignement temporel des canaux sur la base, au moins en partie, de la valeur de décalage temporel.

2. Procédé selon la revendication 1, dans lequel I'alignement temporel comprend de modifier un signal d’au moins
une bande spectrale d’au moins un canal autre que le canal principal sélectionné pour une bande spectrale respective
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sur la base, au moins en partie, d’'une valeur de décalage temporel respective.

Procédé selon la revendication 1 ou la revendication 2, dans lequel diviser des signaux respectifs de chaque canal
comprend de diviser des signaux respectifs de chaque canal en bandes spectrales correspondant a des trames
d’analyse respectives se chevauchant ou ne se chevauchant pas.

Procédé selon 'une quelconque des revendications 1 a 3, dans lequel déterminer la valeur de décalage temporel
comprend de déterminer une valeur de décalage temporel séparée pour chaque canal.

Procédé selon I'une quelconque des revendications 1 a 4, dans lequel diviser des signaux respectifs de chaque
canal comprend de faire passer le signal d’entrée audio multicanal a travers une batterie de filires qui n’effectue
pas de sous-échantillonnage pour les bandes spectrales.

Appareil comprenant un processeur configuré pour :

diviser des signaux respectifs de chaque canal d’un signal d’entrée audio multicanal en une ou plusieurs bandes
spectrales correspondant a des trames d’analyse respectives ;

sélectionner un canal principal parmi des canaux du signal d’entrée audio multicanal pour au moins une bande
spectrale, ou sélectionner le canal principal comprend de sélectionner le canal principal sur la base du canal
sur lequel une occurrence d’'un événement a été détectée en premier ;

déterminer une valeur de décalage temporel pour au moins une bande spectrale d’au moins un canal ; et
réaliser un alignement temporel des canaux sur la base, au moins en partie, de la valeur de décalage temporel.

Appareil selon la revendication 6, dans lequel le processeur est configuré pour réaliser un alignement temporel en
modifiant un signal d’au moins une bande spectrale, d’au moins un canal, autre que le canal principal, sélectionné
pour une bande spectrale respective sur la base, au moins en partie, d’'une valeur de décalage temporel respective.

Appareil selon la revendication 6 ou la revendication 7, dans lequel le processeur est configuré pour diviser des
signaux respectifs de chaque canal en divisant des signaux respectifs de chaque canal en bandes spectrales
correspondant a des trames d’analyse respectives se chevauchant ou ne se chevauchant pas.

Appareil selon 'une quelconque des revendications 6 a 8, dans lequel le processeur est configuré pour déterminer
la valeur de décalage temporel en déterminant une valeur de décalage temporel séparée pour chaque canal.

Appareil selon 'une quelconque des revendications 6 a 9, dans lequel le processeur est configuré pour diviser des
signaux respectifs de chaque canal en faisant passer le signal d’entrée audio multicanal a travers une batterie de
filtres qui n’effectue pas de sous-échantillonnage pour les bandes spectrales.

Produit programme informatique comprenant au moins un support de stockage lisible par ordinateur sur lequel sont
stockées des parties de code de programme exécutables par ordinateur, les parties de code de programme exé-
cutables par ordinateur comprenant :

une premiere partie de code de programme congue pour diviser des signaux respectifs de chaque canal d’'un
signal d’entrée audio multicanal en une ou plusieurs bandes spectrales correspondant a des trames d’analyse
respectives ;

une deuxiéme partie de code de programme congue pour sélectionner un canal principal parmi des canaux du
signal d’entrée audio multicanal pour au moins une bande spectrale, ou sélectionner le canal principal comprend
de sélectionner le canal principal sur la base du canal sur lequel une occurrence d’un événement a été détectée
en premier ;

une troisieme partie de code de programme congue pour déterminer une valeur de décalage temporel pour au
moins une bande spectrale d’au moins un canal ; et

une quatrieme partie de code de programme congue pour réaliser un alignement temporel des canaux sur la
base, au moins en partie, de la valeur de décalage temporel.

Produit programme informatique selon la revendication 11, dans lequel la quatriéme partie de code de programme
comprend des instructions congues pour modifier un signal d’au moins une bande spectrale d’au moins un canal,
autre que le canal principal, sélectionné pour une bande spectrale respective sur la base, au moins en partie, d’'une
valeur de décalage temporel respective.
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Produit programme informatique selon la revendication 11 ou la revendication 12, dans lequel la premiére partie
de code de programme comprend des instructions congues pour diviser des signaux respectifs de chaque canal
en bandes spectrales correspondant a des trames d’analyse respectives se chevauchant ou ne se chevauchant pas.

Produit programme informatique selon I'une quelconque des revendications 11 a 13, dans lequel la troisieme partie
de code de programme comprend des instructions congues pour déterminer une valeur de décalage temporel
séparée pour chaque canal.

Produit programme informatique selon I'une quelconque des revendications 11 a 14, dans lequel la premiére partie

de code de programme comprend des instructions congues pour faire passer le signal d’entrée audio multicanal a
travers une batterie de filtres qui n’effectue pas de sous-échantillonnage pour les bandes spectrales.
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